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3201: Tune string using traditional 
tuning method 

3203: Pluck open string 
Detect frequency of string vibration. 

Repeat Several times. 

3205: Store frequency data in memory 
as calibrated frequency data. 

Figure 32(a) 

Guitar String # Note tdiv 
6 LOWE OX150 
5 A OX50 
4 D OX3O 
3 G OX40 
2 B OX28 
1. High E OxE4 

Figure 32(b) 
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3301: Pluck open string. 
System detects frequency of String 

vibration. 

3303: Calculate difference between 
detected frequency and the stored 
calibrated frequency for that String. 

3305: Generate MIDI pitch message. 
Send MIDI pitch message to processor. 

3307: Decipher MIDI pitch message at 
processor. Determine if String is in-tune, 

too tight, or too loose. 

3313: 
3.309: IS Display instructions to 

wind or unwind String. String in tune? 

33 11: 
Notify user that String is in 

tune. 

Figure 33 
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3401: String is plucked. 
Detect frequency and determine closest 

MIDI note. 

3403: Generate and send "Note On" 
MIDI message 

3405: Generate and send "Pitch Wheel 
Change' MIDI message 

3407: Change 
in frequency? 

3409: 
Signal lost? 

34.11: 
Generate and send "Note 

Off" MIDI message 

Figure 34 
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METHOD AND APPARATUS FORTUNING A 
STRINGED INSTRUMENT 

RELATED APPLICATION DATA 

0001. This application is a continuation in part of U.S. 
application Ser. No. 12/025.202 filed Feb. 4, 2008, which is a 
continuation in part of U.S. application Ser. No. 1 1/873,970. 
filed Oct. 17, 2007, currently pending, and claims priority to 
Serbian Patent application ser. no. 2007-0015, filed Feb. 5, 
2007, and the benefit of provisional application Ser. No. 
61/019,039 filed Jan. 4, 2008, the disclosures of all of which 
are incorporated by reference herein. 

BACKGROUND 

0002 This disclosure generally pertains to a music pro 
cessing system that converts Sound from musical instruments 
into an electronic data format. More specifically, the disclo 
Sure pertains to a system and method that converts Sound 
generated by Stringed musical instruments to a form to be 
used in electronic media based on a first harmonic of an input 
signal. In one embodiment, the data format is the Musical 
Instrument Digital Interface (MIDI) format. 
0003 For years digital keyboard players enjoyed unparal 
leled flexibility and functionality in interfacing and compos 
ing with their computers, such as the ability to instantly create 
notation and change sounds generated by their instruments 
with the push of a button. The music processing systems 
described herein offer this flexibility and functionality to 
musicians as well as the ability to use a stringed instrument 
(e.g. guitar, bass, etc.) with electronic games (e.g. console 
Video games and/or computer games). The methods and 
apparatus described may comprise a pick-up and converter 
that attaches directly to any electric, acoustic electric or 
acoustic guitar, thereby making a user's guitar fully plug and 
play compatible with Windows XP or higher as well as Mac 
OSX. Preferably, no driver installation is necessary. 
0004. The music processing system described herein may 
be adapted for use with guitar game software that allows users 
to jam along to popular songs while learning to play a real 
guitar. The guitar game Software teaches aspiring musicians 
everything from single note picking to complex chords and 
strumming techniques. Modern Digital Audio Workstation 
(DAW) software, such as Sony AcidTM Music Studio and 
Apple GarageBand harness the power of PCs, allowing musi 
cians to play samples and Software instruments. With the 
music processing system described herein, guitarists can con 
trol these programs to play sampled Sounds and synthesized 
instruments such as a keyboard or piano, a different style 
guitar, drums or a woodwind instrument. Using the music 
processing system described herein, guitarists can compose a 
complete masterpiece controlling and recording each instru 
ment from trumpets to tympanis using their guitar. 
0005. Using the music processing system described 
herein, users will enjoy the ability to connect a real guitar to 
console systems bridging the gap between gaming and reality. 
For instance, using the music processing system described 
herein, one may be able to: use a guitar to connect with a 
computer, operating with for instance Windows XP and/or 
Mac OSX; learn to play guitar, record, compose and edit 
music easily; arrange with flexibility and control; and convert 
recorded songs into sheet music. As described below, the 
pick-up and control components of the music processing 
system mount on any guitar and preferably recognizes and 

Nov. 26, 2009 

transmits specific instructions for each individual note played 
on the guitar, thereby allowing for great flexibility in playing 
and recording. This is conveyed simply as a list of events 
which describe the specific steps that a soundcard, program or 
other device use to generate the specific Sound. At its simplest 
the language would indicate for example “Middle C on at a 
specific time along with the volume of the note then it 
would indicate “Middle C off at a later time. Any number of 
other commands can be added to make it as expressive as 
desired. 

0006 Thus, the music processing system may allow the 
user to make his or her guitar Sound like another instrument. 
With the system, a guitar can Sound like anything: a keyboard 
or piano, a completely different style guitar or a guitar with 
any number of different effects applied, a woodwind or brass 
instrument or the human Voice. Each note can even be 
assigned to play a different recorded clip or Sound effect. 
Different or “drop” tunings are simple because the note or 
tuning of the guitar need not be changed. The instructions for 
playing the note are simply “transposed to the desired note in 
accordance with the desired tuning. The language of the 
music processing system is very specific as to what note is 
being played down to the specific fret on each string. This 
information can be used in conjunction with a learning pro 
gram to teach guitar. Since each string is tracked individually 
this can be a very complex and robust application, teaching 
everything from single note picking to complex chords and 
strumming techniques. 
0007 Furthermore, the instructions generated can option 
ally be recorded on a computer memory. This allows recorded 
instructions to be edited using computer Software. A single 
note within a recorded song is easily adjusted because all that 
is changed is the instruction for that specific note. To change 
or delete a note or passage in a regular recording would 
require clipping out the undesirable portion and re-record 
ing—not an easy task as precision is next to impossible yet 
required. An embodiment described herein also allows for 
easy tempo changes of a recorded performance. The instruc 
tion is simply adjusted to change the tempo, thereby avoiding 
pitch change when a recording slowed down. Editing 
recorded music is simple using computer software-drag and 
drop functionality may be provided to edit individual notes. 
Shorten or lengthen a note simple by clicking on it and chang 
ing its duration. Using Software, the user can change the 
whole recording to a new key using the same principle 
described above regarding alternate tunings. Users can cut 
and paste a section for use later in the Song. File size is Small 
because the methods described herein store instructions for 
playing a note, not sampling and digitizing the actual note or 
Sound wave. This saves storage space on a hard drive. For 
example a sampled or digitized 1 minute clip requires about 
10 Megabytes of data. The music processing system only 
requires 10 Kilobytes for the same 1 minute clip. Many files 
that are already recorded in this language have tracks that are 
separated from the rest of the tracks making it easy to listen to 
just one instrument track and study it to learn more about it or 
how to play it. Then this track can be muted, played over to 
practice playing the song or for a live performance with 
backing tracks. One may print out actual sheet music of what 
has been recorded. It is very simple to convert the recorded 
instructions into musical notation. One may also create a ring 
tone for a cell phone. 
0008. The music processing system can be used to trigger 
much more than notes. The instructions for turning a note on 
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and off and other such commands can optionally be used to 
activate any action or event within a program or computer 
game. Many prerecorded elements such as loops or tracks can 
be triggered on a computer program turning them on and off 
as backing tracks for example. These elements can also be 
turned on and off building them to create a song by selecting 
each individual element by playing a single note. Events can 
optionally be triggered in games. Playing a specific note or 
notes can be used for a game such as Guitar HeroTM or other 
similar game. It can be as simple as the current offerings or as 
complex as a real-world guitar performance. Notes could 
even be used to move a character around the screen. Embodi 
ments of the present invention can also be used in conjunction 
with a wide variety of musical equipment. Most electronic 
musical equipment Supports one of the various versions of the 
MIDI format. 

0009. One using the technology disclosed herein can 
achieve Sound electronically using any classical instruments 
or any sound source. One method disclosed herein includes 
analyzing Sound from the Sound Source, and then generating 
an appropriate sound electronically based on the detection of 
the first harmonic of the input signal. The second method 
disclosed herein requires fast and precise first harmonic 
period determination from the signals generated by a classical 
instrument, and then the measured period may be transformed 
to digital information acceptable by electronic instruments to 
generate sound electronically. Algorithms for transforming 
the measured period into digital information are disclosed in 
a co-pending patent application entitled "Adaptive Triggers 
Method for Signal Period Measuring. U.S. application Ser. 
No. 1 1/873,970, filed Oct. 17, 2007, the disclosure of which 
is incorporated by reference herein. However, other tone 
detection methods known in the art may also be used. Such 
algorithms, which for instance provide a solution for trans 
forming guitar Sounds to MIDI commands, require powerful 
thirty-two bit microprocessors and/or DSP processors, as will 
be described below. 

0010. As more fully described and claimed in the parent 
application, the techniques herein may be used in connection 
with a controller for a guitar. In the controller, a plurality of 
Small capacity microcontrollers are used. For functions 
related to analyzing Sounds generated by a guitar String, 
detecting basic harmonics, and generating MIDI information, 
one Small capacity microcontroller is used for each guitar 
string. Electrical signals generated by one guitar string 
include oscillations that are filtered and amplified by analog 
filters and analog amplifiers. The filtered and amplified signal 
is directed to one of the input pins of the Small capacity 
microcontroller. The Small capacity microcontroller is pro 
grammed to analyze and detect the input sound signal gener 
ated by each guitar string, for instance, by using the methods 
disclosed in U.S. application Ser. No. 1 1/873,970. The meth 
ods also enable the microcontroller to generate an output 
MIDI command corresponding to the input signal. The MIDI 
command may be generated when the microcontroller detects 
the Sound signal, or when the input signal is lost during 
monitoring of the sound signal. When a MIDI command is 
ready to be transmitted, the Small capacity microcontroller 
signals a main microcontroller and waits for the main micro 
controller to signal the Small capacity microcontroller to 
allow the MIDI message to be transmitted to the main micro 
controller. The main microcontroller collects MIDI messages 
from all six small capacity microcontrollers, modifies the 
received MIDI commands, if needed, and sends a new the 
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MIDI message over the MIDI interface to an electronic 
instrument with an MIDI interface. 

BRIEF DESCRIPTION OF DRAWINGS 

0011 FIG. 1a shows a graph of input signal amplitude 
measured over time; 
0012 FIG. 1b shows a graph of the calculation of maxi 
mum input signal amplitude and minimum input signal 
amplitude over time; 
0013 FIG. 1c shows a graph of the change in time of the 
positive and negative trigger value that is concurrently calcu 
lated with maximum input signal amplitude calculation; 
0014 FIG. 1d show a graph of the change in time of the 
positive trigger value calculated at a point in time when the 
input signal value becomes less than the negative trigger 
value and the change in time of the negative trigger value 
calculated at a point in time when the input signal value 
becomes greater than the positive trigger value; 
0015 FIG.2 shows a flow chart of the method described in 
this document where positive and negative trigger values are 
concurrently calculated with maximum and minimum input 
signal amplitude calculation; 
0016 FIG.3 shows a flow chart of the method described in 
this document where positive and negative trigger variable 
are calculated at a point in time where the input signal 
becomes greater then positive trigger or becomes less then 
negative trigger; 
0017 FIGS. 4 to 15 show changes over time of a micro 
controller's registers; 
0018 FIG. 16 shows an overall view of an exemplary 
embodiment of the music processing system, including a 
guitar with a pick-up, a controller and a computer; 
0019 FIGS. 17a-17b show various detailed views of a 
pick-up of FIG. 16. 
0020 FIG. 18 shows an exemplary circuit schematic for 
the electrical output of the pick-up of FIG. 17. 
0021. The schematic diagram of FIG. 19 shows an input 

filter and amplifier for a guitar high E String; 
0022. The schematic diagram of FIG. 20 shows an input 

filter and amplifier for a guitar B string; 
0023 The schematic diagram of FIG. 21 shows an input 

filter and amplifier for a guitar G String; 
0024. The schematic diagram of FIG. 22 shows an input 

filter and amplifier for a guitar D guitar string; 
0025. The schematic diagram of FIG. 23 shows an input 

filter and amplifier for a guitar A String; 
0026. The schematic diagram of FIG. 24 shows an input 

filter and amplifier for low E guitar string: 
0027. The schematic diagram of FIG. 25 shows one of six 
like low-capacity microcontrollers associated with one of 
circuits shown in FIGS. 19-24 that is used for processing the 
output of one of the circuits shown in FIGS. 19-24 using the 
techniques shown graphically in FIGS. 1-15; 
0028. The schematic diagram of FIG. 26 shows a digital 
logic circuit for collecting data from 6 low-capacity micro 
controllers in an exemplary embodiment. 
0029. The schematic diagram of FIG. 27 shows an exem 
plary main microcontroller, and an LCD display and button 
actuators used in the controller of FIG. 16; 
0030 FIG. 28 shows an exemplary circuit for generating a 
clock signal CLK used by the microcontrollers of the control 
ler; 
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0031. The schematic diagram of FIG. 29 shows an exem 
plary circuit for providing MIDI output on a USB connector 
of the controller; 
0032. The schematic diagram of FIG. 30 shows a power 
supply circuit of the controller; 
0033 FIG.31 is a graph illustrating an exemplary embodi 
ment of calculating the number of samples per period of a 
vibrating string; 
0034 FIG. 32(a) is a flow diagram of an exemplary 
method of calibrating the system of tuning a stringed musical 
instrument; 
0035 FIG. 32(b) is an exemplary table of adjustment fac 
tors of the six strings of a guitar; 
0036 FIG.33 is a flow diagram of an exemplary method of 
tuning a musical instrument; 
0037 FIG.34 is a flow diagram of an exemplary method of 
generating MIDI messages with tuning information; 
0038 FIG. 35 is an exemplary display fortuning a guitar. 

DISCLOSED EMBODIMENTS 

0039. The controller described herein is enabled to carry 
out the methods disclosed in U.S. application Ser. No. 1 1/873, 
970. Accordingly, each microcontroller generates an output 
MIDI command corresponding to the input signal. In accor 
dance with that method, the input signal is amplified with 
constant amplification and value of triggers are changed as 
the input signal maximum and minimum changes. The 
method also defines fast input signal loss detection and crite 
ria for multiple signal period detection. The method measures 
signal half period duration and based on two Sums of half 
period determines multiple signal period. The method also 
defines minimum and maximum trigger values and initial 
trigger values which helps when input signal amplitude varies 
in time. The method of the present invention calculates maxi 
mum and minimum values of a input signal and then calcu 
lates positive and negative trigger values as a scaled-down 
maximum or a scaled-down minimum value of the input 
signal. The cross-point of the positive trigger level and the 
input signal curve is the point in time where positive signal 
half period duration measurement starts. Positive half period 
duration measurement ends at the next negative trigger level 
and input signal curve cross-point. During the positive half 
period duration measurement, the next positive trigger value 
is calculated. The measured positive halfperiod is stored to a 
first free memory location. The cross-point of the negative 
trigger level and the signal curve is the point in time where the 
negative signal half period duration measurement starts. 
Negative half period duration measurement ends at the next 
cross-point of the positive trigger value and the input signal 
curve. During the negative halfperiod measurement, the next 
negative trigger value is calculated. The measured negative 
half period is then stored to the next free memory location, 
after the positive signal half period. The positive half period 
measuring and then the negative halfperiod measuring can be 
repeated several times. 
0040. The method disclosed in U.S. application Ser. No. 
1 1/873,970 calculates the period by calculating two sums (S1 
and S2) of the consecutive positive and negative half periods 
durations with an equal number of addends but with at least 
one different addend. Memory associated with each micro 
controller will store the first measured positive half period 
duration in the first free memory location, the next negative 
halfperiod duration in the next free memory location, the next 
positive halfperiod duration in the next free memory location, 
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the next negative halfperiod duration in the next free memory 
location, and so on until signal loss is detected. Thus, as the 
positive and then negative half period durations appear in 
time with the input signal, they appearin memory in the same 
sequence. In other words, labeling the positive half period 
duration with P and the negative half period duration with N. 
the values are stored in memory in the order P1, N1, P2, N2, 
P3, N3, P4, N4, P5, and N5. P1 and N1 together form the first 
signal period duration. P2 and N2 together form the second 
signal period duration. P3 and N3 form third signal period 
duration. In accordance with the method and using one dif 
ferent addend when calculating the sum S1 and S2, the sum 
S1 may equal the sum of P1+N1+P2+N2. The sum S2 may be 
calculated as: (a) S2=N1+P2+N2+P3; (b) S2=P3+N3+P4+ 
N4; or (c) S2=P2+N2+P3+N3. Although both sums S1 and S2 
have 4 addends, sum S1 has at least one different addend. If 
the sum difference (S1-S2) is small enough, then any of two 
Sums can be taken as a multiple signal period duration. The 
initial value of the positive trigger is above a minimum posi 
tive trigger value, which is above the input signal's DC com 
ponent value. The initial negative trigger is under the maxi 
mum negative trigger value which is under the input signal 
DC component value. If during the half period duration mea 
Surement, the half period duration becomes greater than the 
maximum half period duration, then the measurement is 
stopped and signal loss is detected. 
0041 FIG. 1a shows typical waveforms which will be 
used to describe the principles of the adaptive triggers 
method. In FIG.1a, the amplitude of the input signal is shown 
with strong high harmonics and is plotted on the coordinate 
s(t), and a DC component level is plotting on the “t coordi 
nate (the “t coordinate overlaps the DC component). In this 
method, the input signal maximum measuring starts when the 
input signal level becomes higher than the positive trigger 
leveland ends when the input signal level becomes lower than 
the negative trigger level. FIG.1b shows the wave form asso 
ciated with the calculation of the maximum signal input and 
the minimum signal input as the functions max(S(t)) and 
min(s(t)). FIG. 1c shows the initial positive trigger value on 
the ordinate po(t) as value POM above the DC signal com 
ponent level. FIG. 1c shows the minimum positive trigger 
value MPO which is lower and under the initial positive 
trigger value POM, and above the signal's DC component 
value. The next positive trigger value is calculated as a scaled 
down difference between the input signal maximum value 
and a DC signal component value added to the DC signal 
component value. If the calculation provides a positive trigger 
value less then minimum positive trigger value MPO, then the 
positive trigger value is set to minimum positive trigger value 
MPO. The next positive value can be calculated as a scaled 
down difference between the input signal maximum value 
and minimum positive trigger value MPO, which is then 
added to the minimum positive trigger value MPO. The points 
on the ordinate t1, t3, t5 are time points when the input signal 
value S(t) is higher (or higher or equal) than the positive 
trigger value po(t). If the positive trigger value po(t) is calcu 
lated concurrently with the maximum signal level calculation 
one may obtain a graph of positive trigger values as shown in 
FIG. 1c. When lower calculation power is important, the 
positive trigger values calculation can be performed in time 
periods when the input signal value becomes lower than the 
negative trigger value. The obtained value becomes the next 
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positive trigger value. The last positive trigger value calcula 
tion principle is shown on FIG. 1D with the label Positive 
trigger 2. 
0042. The initial negative trigger value is shown in FIGS. 
1a-1d as NOM with a value less than the input signal DC 
component. The maximum negative trigger value MNO is 
less than the input signal DC component value and greater 
than the initial negative trigger value NOM. As will be dis 
cussed later, the next negative trigger value is calculated as a 
scaled down difference between the input signal DC compo 
nent value and the input signal minimum value, which is then 
subtracted from the input signal DC component value. If the 
negative trigger value calculation gives a result that is greater 
than the maximum negative trigger value MNO, the negative 
trigger value is then set to the maximum negative trigger value 
MNO. The next negative trigger value may be calculated as a 
scaled down difference between the maximum negative trig 
ger value MNO and the input signal minimum value, which is 
then Subtracted from the maximum negative trigger value 
MNO. FIG. 1c shows a first case where the negative trigger 
value is calculated concurrently with the input signal maxi 
mum value calculation. FIG. 1d shows a second case where 
the negative trigger value is calculated when the input signal 
value is greater than the positive trigger value. 
0043. Further detail of one method is described below. The 

initial positive trigger value is set to a value POM and the 
initial negative trigger value is set to a value NOM. When the 
input signal value becomes greater than the positive trigger 
value (at time point t1), the positive half period interval mea 
Suring starts, the input signal value is acquired and the maxi 
mum signal value is changed if the newly acquired input 
signal value is greater than the current maximum signal value 
previously recorded. FIG. 1b shows the input signal maxi 
mum change over time with a curve that follows the input 
signal shape (one of curves starts in time point t1). When the 
input signal reaches its maximum value, the input signal 
maximum value becomes constant up to the next time point 
when the maximum half period measuring starts (time point 
t3 is the next point in time when the input signal maximum 
calculation starts). The input signal maximum calculation 
continues up to a point in time when the input signal value 
becomes less than the value of the negative trigger value 
(from after time point t2). After that time point, the calculated 
maximum has a constant value up to the next time point where 
the maximum calculation begins again (at time point t3). The 
next positive trigger value can be calculated concurrently 
with the input signal maximum calculation or at a time point 
when the input signal value becomes less than the negative 
trigger value. The positive halfperiod duration comprises the 
time duration from time point t1 when the input signal value 
becomes greater than or equal to the positive trigger value (the 
positive trigger calculated at time point to) up to time point t2 
when the input signal becomes less than the negative trigger 
value (the negative trigger value calculated at time point t1). 
When the positive half period duration is measured, it is 
stored in next free memory location. 
0044) When the input signal value becomes less than the 
negative trigger value, the minimum signal calculation begins 
and measuring of the negative half period duration starts 
(time point t2). The minimum signal value is changed if the 
input signal value becomes less than the last remembered 
minimal signal value. This is shown in FIG. 1b with a curve 
that follows the input signal shape (curve starts from point t2). 
When the signal reaches its minimum value, the input signal 
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minimum value becomes constant up to the next minimum 
calculation (up to time ta). Concurrently with the minimum 
signal calculation, the calculation of the next negative trigger 
value can be done, and in this case, the negative trigger value 
curve is proportional to the input signal minimum curve as 
shown in FIG.1c. The negative trigger value can be calculated 
at the moment when the input signal value becomes greater 
than the positive trigger value. This case is also shown on FIG. 
1d. The minimum calculation continues until the input signal 
value becomes greater than or equal to the positive trigger 
value (at time point t3). After that time point, the minimum 
holds the minimum calculated value. The negative halfperiod 
measurement comprises the time interval from time point t2 
when signal value becomes less than the negative trigger 
value (the negative trigger value calculated at time point t1) 
up to time point t3 when the signal value becomes greater than 
the positive trigger value (the positive trigger value calculated 
at time period t2). The measured negative signal half period 
duration is stored in the next free memory location. 
0045. After measuring the negative half period, the posi 
tive halfperiod measuring, the maximum signal value calcu 
lation and the next positive trigger value calculation starts 
again as described above. The end of the positive half period 
duration measuring is the same time point as the start of the 
negative halfperiod duration measuring. The end of the nega 
tive half period duration measuring is the same time point as 
the start of positive halfperiod duration measuring. The mea 
Suring of the positive half period duration and then the nega 
tive half period duration is repeated several times one after 
another, and the measured positive and negative half period 
duration values are recorded in consecutive free memory 
locations. The measuring of the positive or negative half 
period durations is stopped when the measured maximum and 
minimum values of the input signal are between maximum 
negative and minimum positive trigger values. In such a case, 
it is not possible to measure half period duration as there are 
no cross-points of the input signal curves with the curves of 
the negative and positive trigger values. The positive and 
negative half period measuring can also be stopped, if the 
value of the positive or negative measured half period dura 
tion becomes greater than the maximum halfperiod duration. 
This may also mean that signal has disappeared, or that the 
signal amplitude is so Small as to be non-existent. 
0046. After consecutive positive and negative half period 
durations are measured and recorded in memory, signal 
period calculation starts. A first Sum is formed from consecu 
tive positive and negative half period duration values 
recorded in memory in consecutive memory locations, and a 
second Sum is formed from consecutive positive and negative 
half period duration values recorded in memory in consecu 
tive memory locations. Both sums comprise equal number of 
positive and negative half periods. Each Sum has an equal 
number of positive and negative half period duration values. 
However, the addend of the first sum may be the second or the 
third measured half period duration stored in memory. As 
described above, positive halfperiod duration values P(n)and 
negative half period duration values N(n) are stored in 
memory in the order P1, N1, P2, N2, P3, N3, P4, N4, P5, and 
N5. P1 and N1 together form the first signal period duration. 
P2 and N2 together form the second signal period duration. 
P3 and N3 form third signal period duration. In accordance 
with the method and using one different addend when calcu 
lating the Sum S1 and S2, the Sum S1 may equal the Sum of 
P1+N1+P2+N2. The sum S2 may be calculated as: (a) 
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S2=N1+P2+N2+P3; (b) S2=P3+N3+P4+N4; or (c) S2=P2+ 
N2+P3+N3. Although both sums S1 and S2 have 4 addends, 
sum S2 has at least one different addend. Thus, the first sum 
S1 consists of 2N consecutive positive and negative half 
periods stored in consecutive memory locations. The first half 
period duration value of the second sum S2 (previous 
example (a)) is the half period duration value stored in 
memory as the N1 half period duration value, which occurs 
after the first half period duration value of the first sum, i.e., 
P1. The first half period duration value of the second sum S2 
can be stored in memory after last half period duration value 
of the first sum S1 but the first halfperiod duration value of the 
second sum S2 can be also one of the first sum S1 half period 
duration values. As will be described, memory associated 
with the microcontroller contains values associated with the 
positive half period duration value, then the negative half 
period duration value, then the positive half period duration 
value, then the negative halfperiod duration value, and so on. 
In other words, consecutive half period duration values are a 
positive halfperiod duration value followed by a negative half 
period duration value, for instance, two positive half periods 
are separated by at least one negative half period. Thus, the 
memory contains in consecutive memory locations, consecu 
tive half periods, e.g. a positive half period after a negative 
half period or a negative half period after a positive half 
period. If the difference between the two sum (i.e., S1-S2) is 
less than the given value D, then one of Sums can be consid 
ered as N signal periods. In the example, the value D is /64 of 
the either calculated sum S1 or S2 (so D=/64*S1 or 
D=/64*S2). The value D can be adjusted so that detection 
criteria can be adjusted to various signal types. The Sum 
difference (i.e., S1-S2) can be less than the value D or greater 
than the value D, but if, during the half period measuring, 
none of the stop criteria described above becomes applicable, 
the method considers that the input signal still exists, and the 
positive trigger value is set to the minimum positive trigger 
value MPO, the negative trigger value is set to the maximum 
negative trigger value MNO, the maximum and minimum 
signal values are set to the DC signal level component, and the 
positive half period measuring starts again as described 
above. 

0047 FIG. 2 shows one algorithm that calculates trigger 
values concurrently with the maximum calculation. The algo 
rithm begins with setting the initial values of the following 
variables: variables “max” and “min', (max is maximum 
signal value and min is minimum signal value) are set to the 
DC signal component value (max-min-sigDC); variable 
“po” is the positive trigger value with an initial value of POM; 
variable “no’ is the negative trigger with initial value of 
NOM; both half period duration variables “pppt and “nppt 
are initially set to a 0 value. Halfperiod duration is measured 
with sample numbers. Computation using this algorithm 
needs a computer with enough computational power so that 
the calculations between the two sample times can be done. 
After the initial variables are setup, the algorithm waits until 
the input signal becomes greater than the positive trigger 
values of variable “po.” 
0048. The first part of the algorithm measures the positive 
half period duration and waits for the input signal value to be 
less than the negative trigger value, when the negative half 
period duration measuring can start. When the new sample is 
ready, the sample is entered in register O, the algorithm 
checks if the sample value is less than the negative trigger 
value stored in variable “no.” If the sample value is less than 
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the negative trigger variable value “no, then the positive half 
period measuring is finished, the measured positive half 
period duration variable “pppt’ is stored to the first free 
location in memory “m, and the measuring of negative half 
period duration starts. If the sample value is greater than the 
negative trigger value “no the variable “pppt’ is incre 
mented. If the measured half period duration is not greater 
than the maximum positive half period duration constant 
“maxpT, the algorithm continues with the input signal maxi 
mum calculation. If last remembered value of variable “max” 
is less than the current sample value, then the variable “max” 
is set to the current sample value O, and the new positive 
trigger value is calculated. If the sample value is less than the 
last remembered value of the variable “max', the algorithm 
waits for the next ready sample O. 
0049. During transition from the positive halfperiod dura 
tion measuring to negative half period duration measuring, 
the variable “nppt’ is set to value Zero. As in the positive half 
period duration measuring, in the negative half period dura 
tion measuring, the algorithm waits for a new input signal 
sample in variable “O.” When the sample variable “O'” is 
ready, the algorithm checks if the sample value is greater than 
the positive trigger value calculated during the previous posi 
tive half period duration measuring. If the sample value is 
greater than the positive trigger value, then the negative half 
period duration measuring ends, the measured negative half 
period duration value is stored to first free location in array 
“m. and the measured value of the positive half period dura 
tion variable “pppt’ is set to Zero to be prepared for next 
positive half period duration measuring. If the new sample 
value is not greater than the positive trigger value, the nega 
tive half period measuring continues, the variable “nppt' is 
incremented (the variable “nppt presents negative half 
period duration value). If the new value of the variable “nppt 
is not greater than the value of the constant “maxnT”, the 
algorithm continues with checking if the last remembered 
minimum value of variable “min' is greater than the value of 
the new sample variable “O.” If it is, the variable “min' is set 
to the value of the current sample variable “O, and the new 
value of the negative trigger variable “no’ is calculated. If the 
last recorded minimum value of variable"min' is less than the 
value of the sample variable “O.” then the algorithm waits for 
a new value of sample variable “O.' The positive or negative 
halfperiod duration measuring is stopped if the measured half 
period durations becomes greater than the value of the given 
maximum half period duration constants “maxpT and 
“maxnT.’ 

0050. After measuring a number of consecutive positive 
and negative half period durations equal to the value of NoP. 
the algorithm continues with the S1 and S2 sums calculation. 
2N consecutive halfperiods duration values are added to each 
Sum (positive and negative half periods). Sum S1 starts Sum 
ming from half period duration value recorded in member 
mP1 in array memory “m.” Sometimes the first measured 
half period duration value stored in mO array member is not 
correct and the first half period duration value of sum S1 will 
not be considered as the first recorded half period duration 
value of memory mO. The first halfperiod duration value of 
the second sum S2 is shifted to the P2 addend (or the member) 
from the first half period duration value of the first sum S1. 
The constant P2 is always greater than Zero. After forming the 
sum S1 and S2, the algorithm checks if the difference between 
S1 and S2 is greater than /64 of the S1 sum. If it is, the sum S1 
or S2 represents the “N” signal period duration. If the calcu 
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lated difference is not less than /64 of the sum S1, then the 
signal period duration is not detected. The part of the sum or 
Some other Small value taken as a limit, which must be less 
than the difference of the sum of S1 and S2, may be used as a 
decision criteria for calculating the signal period duration, 
and can depend on the input signal waveform and sometimes 
must be experimentally determined. The number of addends 
or members “NoP' in the array “m” must be greater than the 
sum P1+P2+2N to ensure a correct sum calculation. If during 
the half period duration measuring, the half period stop cri 
teria is not achieved, the positive trigger value can be set to the 
minimum positive trigger value, the negative trigger value 
can be set to the maximum negative trigger value (setting the 
negative and the positive trigger value is not mandatory), the 
maximum signal variable “max” and the minimum signal 
variable “min' are set to the DC input signal component 
value, and the positive half period duration measuring starts 
again. 
0051 FIG. 3 shows an algorithm with the trigger value 
calculation at a point in time where the input signal becomes 
greater than the positive trigger value or less then negative 
trigger Value. 
0052. The algorithm will be explained in connection with 
the microcontroller memory devices of FIG.4, FIG. 5, FIG. 6, 
FIG. 7, FIG. 8, FIG. 9, FIG. 10, FIG. 11, FIG. 12, FIG. 13, 
FIG. 14, FIG. 15. Each of the FIGS. 4-15 shows an input 
analog low pass filter (triangle with “F” label), an Amplifier 
with constant gain A (triangle with “A” label), and a virtual 
microcontroller. The virtual microcontroller contains an AD 
converter (triangle with AD” label), an 8-bit AD conversion 
register labeled as “O. and a plurality of 8 bit registers 
marked to correspond with the variables in the algorithm. The 
amplifier and filter are adjusted so that the amplifier output 
voltage level is one half of the AD converter input voltage 
range when no input signal is present at the filter input. Also 
the filter will pass only time variable signal components to the 
amplifier. As a result, one AD converter is needed for input of 
AC input signal components, which oscillate around one half 
of the AD converter input Voltage range. Also, the algorithm 
assumes that the “t' coordinate for all of the curves shown in 
FIGS. 1a-1d overlap one half of the AD converter voltage 
range. Before the algorithm starts, the register “sigDC con 
tains a binary number corresponding to the AD conversion of 
the DC input signal value. The algorithm assumes that the 
microcontroller is sampled and converted to a binary number 
input corresponding to a DC level that is one half of the AD 
input range, when no signal is present at the filter input. As 
stated above, the binary number input is stored to register 
“sigDC. The measured positive half period duration is a 16 
bit variable “pppt and in the virtual microcontroller, the 
variable “pppt:h' is the high 8 bits, and the variable “pppt:1 
is the low 8 bits. The measure negative halfperiod duration is 
a 16 bit variable “nppt and in the virtual microcontroller, the 
variable “nppt:h' is the high 8 bits, and the variable “nppt:1 
is the low 8 bits. 

0053. After initial register setup as shown in FIG. 4, the 
algorithm waits until the input signal becomes greater than 
variable “po,” which is set to the value “POM. The input 
signal on FIG.1a becomes greater than the value"POM’ after 
“t0'. A new condition of the microcontroller is shown in FIG. 
5 in that the AD converter register “O'” is set with value S(t0') 
for an input signal sample value. 
0054 The positive halfperiod duration measuring portion 
of the algorithm on the virtual microcontroller is illustrated in 
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FIG. 5, FIG. 6, FIG. 7. FIG. 5 shows the microcontroller 
registers when the positive trigger value po” just passes 
sample time “to'. The maximum calculation starts and the 
positive half period duration measuring starts. As described 
above, the maximum register"max’ will be set to new sample 
value if the new sample value is greater than the last sample 
value in register “max. On FIG. 1, from sample time "to" to 
sample time TM1, the value in the register “max’ in the 
microcontroller changes until the maximum signal at sample 
time TM1 is reached in first signal period. After the TM1 
sample, the value in register “max’ in the microcontroller is 
not changed and the value in register “max’ is set to MAX1+ 
DC value (the “t' coordinate is DC signal level). 
0055. The microcontroller registers at the TM1 sample 
time are shown on FIG. 6. Sample TM1 is shown in register 
“O'”, and value MAX1+DC is shown in register “max’, which 
is TM1 sample value. As shown on FIG. 1, after the TM1 
sample, the value in microcontroller register "max’ is not 
changed and has a value corresponding to MAX1+DC 
because all of the next signal samples up to sample time t1 are 
less then the value of MAX1+DC. The next characteristic 
point in the algorithm is taken at sample time t0 when input 
signal value becomes less then the negative trigger value 
stored in the register “no.” At sample time to, the input signal 
sample is less then value in the register “no.” FIG. 7 also 
shows a new positive trigger value, which is calculated and 
stored in register “po” as a value corresponding to DC+PO1 
(po=(max-MPO)*k-i-MPO, k=/2). This new positive trigger 
will be used at sample time t1. This new state in the micro 
controller registers is shown in FIG. 7. Also the 16 bit register 
“pppt has a value corresponding to t0-to" that corresponds to 
the number of samples between sample to' and t0. Thus, in 
register “pppt, the positive half period duration in sample 
numbers is stored. This positive halfperiod duration is stored 
to the 16 bit register mO and pointer I is incremented to point 
to the next free register to store the next negative half period 
duration. In the 16 bit register ml, mO:h corresponds to the 
high 8 bits and m0:1 corresponds to the low 8 bits. 
0056. The algorithm for measuring the negative half 
period on the virtual microcontroller is illustrated in FIG. 7, 
FIG. 8, FIG. 9. FIG. 7 shows microcontroller registers when 
negative trigger value 'no' is passed at sample time to. At that 
time, the minimum calculations starts and the negative half 
period duration measuring starts. As will be described below, 
the minimum register “min' will be set to new sample value 
if new sample value is less than the last sample value stored in 
register “min'. On FIG. 1, from samplet0 to sample TM3, the 
register 'min' in the microcontroller also changes, and at the 
TM3 Sample, the minimum signal is reached in first signal 
period. After the TM3 sample, the register “min' is not 
changed and the value in register 'min' corresponds to DC 
MIN1. The t coordinate overlaps the DC signal level. The 
TM3 sample microcontroller registers are shown in FIG.8. In 
register O, the TM3 sample is stored and in MIN register, the 
value DC-MIN1 is stored, which corresponds to the TM3 
sample value. As shown on FIG. 1, the curve “Minimum 
calculation', after the TM3 sample, the value stored in regis 
ter 'min' is not changed and has a value corresponding to 
DC-MIN1 because all of the next signal samples to sample 
time t2 are greater then DC-MIN1. The next characteristic 
point in the algorithm is at sample time t1, when the input 
signal value becomes greater then positive trigger value "po.” 
At Sample time t1, the input signal sample is greater than the 
value stored in register “po.” Register “po” contains the posi 
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tive trigger variable calculated at point t0. A new negative 
trigger value is calculated and stored in register'no' as value 
DC-NO1, (no=MNO-(MNO-min)*K, K=/2). This new 
negative trigger will be used at sample time t2. This new state 
in the microcontroller registers is shown in FIG.9. Also the 16 
bit register “nppt contains a value corresponding to t1-to. 
The value t1-to is number of samples between sample times to 
and t1. So in the register “nppt', the negative half period 
duration is stored in Sample numbers. This negative half 
period duration is stored to 16 bit registers m1 and pointer I 
is incremented to point to next free registers to store the next 
positive half period duration. 
0057. After the first signal period, the positive and nega 

tive trigger values are proportional to the maximum and mini 
mum signal level. The next calculation steps use the positive 
and negative trigger values that are proportional to maximum 
and minimum signal values, thereby providing precise period 
measurement. 

0058. The positive halfperiod measurement on the micro 
controller after sample time t1 is illustrated on FIG. 9, FIG. 
10, and FIG. 11. FIG. 9 shows the microcontroller registers 
when the positive trigger value po is passed at sample time t1. 
Thus, the positive trigger value is proportional to the signal 
maximum in the previous signal period. At sample time t1, the 
maximum calculation starts and the positive halfperiod dura 
tion measuring starts. As will be described below, the maxi 
mum register “max’ will be set to a new sample value if the 
new sample value is greater than the last sample value stored 
in the register “max. From sample t1 to sample TM2, the 
value stored in register “max' changes. The TM2 maximum 
signal is reached in second signal period. After the TM2 
sample, the register"max’ is not changed and the value stored 
in register “max’ corresponds to MAX2+DC where the t 
coordinate is the DC signal level. The registers at the TM2 
sample time are shown on FIG.10. In register O. sample TM2 
is stored, and in register “max', value MAX2+DC value is 
stored. After the TM2 sample, the microcontroller register 
“max’ is not changed and has a value corresponding to 
DC+MAX2 because all of the next signal samples to sample 
time t3 are less than the value DC+MAX2. The next charac 
teristic point in the algorithm is at sample time t2 when the 
signal value becomes less than the negative trigger value no. 
At sample time t2, the input signal value sample is less than 
the value in register 'no', which corresponds to the negative 
trigger variable. The new positive trigger value is calculated 
and stored in register “po” as PO2+DC. This new positive 
trigger value will be used in sample time t3. 
0059. This new state in the microcontroller registers is 
shown in FIG. 11. The register “pppt contains a value t2-t1. 
The “t' coordinate shows the sample number. Thus, t2-t1 is 
number of samples between sample time t1 and t2. In register 
“pppt', the positive halfperiod duration in sample numbers is 
stored. This positive half period duration is stored to 16 bit 
registers m2 and pointer I is incremented to point to the next 
free register to store the next negative half period duration. 
Also, 16 bit register “nppt’ is set to 0 to prepare the algorithm 
for the next negative half period duration measurement. 
0060 FIG. 11 shows the microcontroller registers when 
the negative trigger value no is passed in Sample t2. At this 
time, the minimum calculation starts and the negative half 
period duration measuring starts. As will be described below, 
the minimum register “min' will be set to a new sample value 
if the new sample value is less than the last sample value in 
register “min’. Referring to FIG. 1, from the sample t2 to 
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sample TM4, the value stored in register “min' changes and 
the TM4 sample minimum signal is reached in second signal 
period. After the TM4 sample, the register “min' in micro 
controller is not changed and contains the value correspond 
ing to DC-MIN2 value, where the t coordinate is DC signal 
level. FIG. 12 shows the state of the registers at the TM4 
sample time. In register “O'”, the sample TM4 is stored and in 
register “min', the value DC-MIN2 is stored, which corre 
sponds to the TM4 sample value. After the TM4 sample, the 
microcontroller register 'min' is not changed and contains 
value DC-MIN2 because all of the next signal samples to 
sample timeta are greater than the value DC-MIN2. The next 
characteristic point in the algorithm is at sample time t3 when 
the input signal value becomes greater than the positive trig 
ger po. At sample time t3, the input signal value sample is 
greater than the value in register"po”. A new negative trigger 
value is calculated, and in register 'no', the value DC-NO2 is 
stored. This new negative trigger value will be used at sample 
time ta. This new state in microcontroller register is shown in 
FIG. 13. The 16 bit register “nppt has a value corresponding 
to t3-t2. As before, the t coordinate shows the number of 
samples, and accordingly, t3-t2 is number of Samples 
between samplet2 and t3. Register "nppt contains the nega 
tive half period duration in Sample numbers. This negative 
half period duration is stored in the 16 bit registers m3 and 
pointer I is incremented to point to the next free registers to 
store the next positive half period duration. 
0061 FIG. 14 shows microcontroller registers at the ta. 
sample time and FIG. 15 shows microcontroller registers at 
the t5 sample time. 
0062. As described above, the microcontroller registers 
m contains the measured half periods. After the first half 
period, the positive and negative trigger values are propor 
tional to maximum and minimum in the first signal half 
period. At this point in the algorithm, two sums are calculated: 
sum S1= m2+m3=t3-t1 and sum S2= m4+m3=t4-t2. 
Sum S2 may also be calculated as S2=m5+m4 =t5-t3. If 
the difference S2-S1 is small enough, then one of sums can be 
chosen as the signal period. This can be shown by the equa 
tion (S1-S2)<(S/1:64)). 
0063. This algorithm also detects signal loss when the 
positive or negative halfperiod duration becomes greater than 
the constants maxpT or maxnT. When the algorithm is 
started, po=POM and no-NOM. After the sum S1 and sum S2 
calculation, po=MPO and no=MNO. POM is greater than 
MPO and NOM is less than MNO. As described below, the 
algorithm determines when the input signal amplitude 
becomes low. When the input signal amplitude is under MPO 
or above MNO, signal loss will be detected, and po=POM and 
no-NOM. Signal amplitude will have to rise above POM and 
under NOM to start halfperiod measuring again as described 
previously. Signal loss detection is used to generate com 
mands corresponding to MIDI “note off” and signal detec 
tion and period detection is used to generate commands cor 
responding to MIDI “note on.” When the input signal 
amplitude is not monotonously falling in time but increases 
and decrease in time, input signals will be detected when the 
positive amplitude is greater than POM, and signal loss will 
be detected when the positive amplitude is less than MPO. 
The difference between POM and MPO prevents the genera 
tion of false “note on' and “note off commands, if the input 
signal amplitude variation is less than the difference of POM 
MPO. Also, an input signal will be detected when the negative 
amplitude is under NOM, and signal loss will be detected 
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when the negative amplitude is above MNO. The difference 
MNO-NOM will prevent the generation of false “note on 
and “note off commands, if the signal amplitude variation is 
less than the difference of MNO-NOM. 

0064. As shown above, MIDI control signals may be cre 
ated, which be used for operation of an electronic instrument. 
Any sound source can be used to generate the MIDI control 
signals for an electronic music instrument. For instance, the 
methods described herein may be used to convert guitar string 
sounds to MIDI commands. The MIDI commands may be 
sent to an electronic device with a MIDI interface to produce 
sounds and different sound effects. The methods may also be 
employed for other string instruments, and for traditional 
instruments such as a trumpet, saxophone, etc. 
0065 FIG. 16 shows an overall view of an exemplary 
embodiment of the music processing system. A guitar MIDI 
controller device is indicated generally by reference character 
20. The MIDI controller device 20 has a screen 22 and an 
actuator or user input apparatus 24. Screen 22 is preferably a 
Liquid-Crystal Display (LCD). The actuator or input appara 
tus 24 preferably comprises a joy-stick type control with 4 
Switches corresponding to up, down, left, and right. The 
actuator 24 may be used for modifying the MIDI command. 
For instance, the actuator may be configured as a “pitch 
bender.” The actuator may also allow the user to navigate 
through menus to access different features on the controller 
Such displaying pitches on the screen 22, or configuring the 
controller as an “auto tuner.” A musical instrument 30, which 
can be a guitar or other stringed instrument, has a pick-up 32 
that may be mounted under the strings near the bridge of the 
guitar. The pick-up 32 is coupled to the controller device with 
a cable 34 extending from a plug receptacle 36 of the pick-up 
to an input 38 of the controller. The controller 20 may be 
coupled to a computer or other external processor 40 (e.g. a 
Video game console) with a cable 42 extending from an output 
44 of the controller to the computer. The controller and pick 
up and external device may also be connected via a wireless 
network, Blue Tooth enabled, or connected via the cables 
shown. 

0066. The MIDI controller device may have a computer 
readable medium with executable instructions for calculating 
Successive positive and negative half period duration mea 
Surements relating to the acoustic input signal using adaptive 
trigger levels to determine input signal loss and generate 
MIDI commands as will be described below. The controller 
device output 44 may be adapted to transmit generated MIDI 
commands from the controller to an external device 40. Soft 
ware loaded on the external device may comprise computer 
readable instructions to process the MIDI commands from 
the controller 20 and enable the countless features as 
described herein. The computer or external processor 40 may 
comprise a computer with a display 50 where the display 
displays instructions for training a trainee in playing guitar. 
The display may display indicia 52 relating to the effective 
ness of the trainee in training with the musical instrument. 
The display may display indicia in response to the trainee 
operating the musical instrument. The display may display 
indicia representative of the acoustic sounds developed by the 
trainee operating the musical instruments. These are just 
some of the features mentioned previously and enable the 
system to perform a multitude of tasks and enhance the user's 
or trainee's interactive experience. 
0067 FIG. 17 shows a detailed view of pick-up 32 in an 
exemplary embodiment. The pick-up 32 preferably includes 
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an inductive sensor 58 for each string of a guitar (which 
usually has 6 strings). The pick-up 32 is attached to the guitar 
30 and lateral edges 60.62 of the pick-up are positionable 
relative to the strings of the guitar by jack screws 64,66. The 
pick-up may be hardwired or may have a connector receptacle 
36 adapted to receive a conventional plug, or mini-plug as 
shown in FIG. 17. 

0068 FIG. 18 shows an exemplary circuit schematic for 
the electrical output of pick-up 10 in an exemplary embodi 
ment. Connector PC 1 preferably has 8 pins. A pin carries 
signal in1 which corresponds to the output of an inductive 
sensor 58 on pick-up 32 dedicated to the “High E string of 
guitar 30. Signal in1 is delivered to the circuit shown in FIG. 
19. A pin carries signal in2 which corresponds to the output of 
an inductive sensor 58 on pick-up 32 dedicated to the “B” 
string of guitar 30. Signal in2 is delivered to the circuit shown 
in FIG. 20. A pin carries signal in3 which corresponds to the 
output of an inductive sensor 58 on pick-up 32 dedicated to 
the “G” string of guitar 30. Signal in3 is delivered to the 
circuit shown in FIG. 21. A pin carries signal in4 which 
corresponds to the output of an inductive sensor S8 on pick-up 
32 dedicated to the "D' string of guitar 30. Signal in4 is 
delivered to the circuit shown in FIG. 22. A pin carries signal 
in5 which corresponds to the output of an inductive sensor 58 
on pick-up 32 dedicated to the 'A' string of guitar 30. Signal 
in5 is delivered to the circuit shown in FIG. 23. A pin carries 
signal in6 which corresponds to the output of an inductive 
sensor 58 on pick-up 32 dedicated to the “Low E string of 
guitar 30. Signal in6 is delivered to the circuit shown in FIG. 
24. 

0069. In the embodiments shown in FIGS. 19-24, one set 
of filters, amplifiers, and low-capacity microcontroller pro 
cesses the input sound signal generated by each guitar String. 
The filters are low pass type and the upper 3-dB frequency 
depends on the frequency of the highest basic Sound harmonic 
generated by the respective guitar string. The values of the 
components for each filter and amplifier shown in FIGS. 
19-24 were chosen in accordance with the highest basic 
Sound harmonic generated by the respective guitar string. 
Other combinations may also produce the desired filtering 
and amplification. 
0070 FIG. 19 shows an exemplary amplification and fil 
tering circuit for processing a signal in1 from pick-up dedi 
cated to the “High E string in an exemplary embodiment. 
Signal in1 is preferably provided by the connector shown in 
FIG. 18. Resistor R11 is preferably a 2.2 k Ohm resistor. 
Capacitor C11 is preferably a 0.1 uF. capacitor. Resistor R21 
is preferably a 560k Ohm resistor. Resistor R31 is preferably 
a 560 k Ohm resistor. Capacitor Cu1 is preferably a 0.1 F 
capacitor. Amplifier U1A is preferably an amplifier contained 
within an LM324 Low Power Quad Operational Amplifiers 
chip, which is available from National Semiconductor as well 
as a variety of other manufacturers. Resistor R41 is preferably 
a 100k Ohm resistor. Resistor R51 is preferably a 360k Ohm 
resistor. Capacitor C31 is preferably a 220 pF capacitor. 
Capacitor C21 is preferably a 2.2 nF capacitor. Amplifier 
U1D is preferably an amplifier contained within an LM324 
chip. Resistor R61 is preferably a 47 k Ohm resistor. Resistor 
R71 is preferably a 120 k Ohm resistor. Capacitor C51 is 
preferably a 1.5 nF capacitor. Capacitor C41 is preferably a 
2.2 nF capacitor. Amplifier U1C is preferably an amplifier 
contained within an LM324 chip. Capacitor C61 is preferably 
a 3.3 uF electrolytic capacitor. Capacitor C71 is preferably a 
3.3 uF electrolytic capacitor. Resistor R81 is preferably a 1 k 
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Ohm resistor. Resistor R91 is preferably a 560k Ohm resistor. 
Amplifier U1B is preferably an amplifier contained within an 
LM324 chip. Resistor R1 is preferably a 2.2 k Ohm resistor. 
The output of this circuit is designated as ina1, which is 
preferably delivered to a low-capacity microcontroller such 
as chip P(x) shown in FIG. 25. 
0071 FIG. 20 shows an exemplary amplification and fil 
tering circuit for processing a signal in2 from pick-up dedi 
cated to the “B” string in an exemplary embodiment. Signal 
in2 is preferably provided by the connector shown in FIG. 18. 
Resistor R12 is preferably a 2.2 k Ohm resistor. Capacitor 
C12 is preferably a 0.1 uF. capacitor. Resistor R22 is prefer 
ably a 560k Ohm resistor. Resistor R32 is preferably a 560k 
Ohm resistor. Capacitor Cu2 is preferably a 0.1 uF capacitor. 
Amplifier U2A is preferably an amplifier contained within an 
LM324 Low Power Quad Operational Amplifiers chip, which 
is available from National Semiconductor as well as a variety 
of other manufacturers. Resistor R42 is preferably a 150 k 
Ohm resistor. Resistor R52 is preferably a 510k Ohm resistor. 
Capacitor C32 is preferably a 220 pF capacitor. Capacitor 
C22 is preferably a 2.2 nF capacitor. Amplifier U2D is pref 
erably an amplifier contained within an LM324 chip. Resistor 
R62 is preferably a 68k Ohm resistor. Resistor R72 is pref 
erably a 180k Ohm resistor. Capacitor C52 is preferably a 1.5 
nF capacitor. Capacitor C42 is preferably a 2.2 nF capacitor. 
Amplifier U2C is preferably an amplifier contained within an 
LM324 chip. Capacitor C62 is preferably a 3.3 uF electrolytic 
capacitor. Capacitor C72 is preferably a 3.3 uF electrolytic 
capacitor. Resistor R82 is preferably a l k Ohm resistor. 
Resistor R92 is preferably a 560 k Ohm resistor. Amplifier 
U2B is preferably an amplifier contained within an LM324 
chip. Resistor R2 is preferably a 2.2 k Ohm resistor. The 
output of this circuit is designated as ina2, which is preferably 
delivered to a low-capacity microcontroller such as chip P(x) 
shown in FIG. 25. 

0072 FIG. 21 shows an exemplary amplification and fil 
tering circuit for processing a signal in3 from pick-up dedi 
cated to the “G” string in an exemplary embodiment. Signal 
in3 is preferably provided by the connector shown in FIG. 18. 
Resistor R13 is preferably a 2.2 k Ohm resistor. Capacitor 
C13 is preferably a 0.1 uF capacitor. Resistor R23 is prefer 
ably a 560k Ohm resistor. Resistor R33 is preferably a 560k 
Ohm resistor. Capacitor Cu3 is preferably a 0.1 uF capacitor. 
Amplifier U3A is preferably an amplifier contained within an 
LM324 Low Power Quad Operational Amplifiers chip, which 
is available from National Semiconductor as well as a variety 
of other manufacturers. Resistor R43 is preferably a 180 k 
Ohm resistor. Resistor R53 is preferably a 680k Ohm resistor. 
Capacitor C33 is preferably a 220 pF capacitor. Capacitor 
C23 is preferably a 2.2 nF capacitor. Amplifier U3D is pref 
erably an amplifier contained within an LM324 chip. Resistor 
R63 is preferably a 82 k Ohm resistor. Resistor R73 is pref 
erably a 220k Ohm resistor. Capacitor C53 is preferably a 1.5 
nF capacitor. Capacitor C43 is preferably a 2.2 nF capacitor. 
Amplifier U3C is preferably an amplifier contained within an 
LM324 chip. Capacitor C63 is preferably a 3.3 uF electrolytic 
capacitor. Capacitor C73 is preferably a 3.3 uF electrolytic 
capacitor. Resistor R83 is preferably a 1 k Ohm resistor. 
Resistor R93 is preferably a 560 k Ohm resistor. Amplifier 
U3B is preferably an amplifier contained within an LM324 
chip. Resistor R3 is preferably a 2.2 k Ohm resistor. The 
output of this circuit is designated as ina3, which is preferably 
delivered to a low-capacity microcontroller such as chip P(x) 
shown in FIG. 25. 
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0073 FIG. 22 shows an exemplary amplification and fil 
tering circuit for processing a signal in4 from pick-up dedi 
cated to the "D' string in an exemplary embodiment. Signal 
in4 is preferably provided by the connector shown in FIG. 18. 
Resistor R14 is preferably a 2.2 k Ohm resistor. Capacitor 
C14 is preferably a 0.1 uF capacitor. Resistor R24 is prefer 
ably a 560k Ohm resistor. Resistor R34 is preferably a 560k 
Ohm resistor. Capacitor Cu4 is preferably a 0.1 uF capacitor. 
Amplifier U4A is preferably an amplifier contained within an 
LM324 Low Power Quad Operational Amplifiers chip, which 
is available from National Semiconductor as well as a variety 
of other manufacturers. Resistor R44 is preferably a 240 k 
Ohm resistor. Resistor R54 is preferably a 820k Ohm resistor. 
Capacitor C34 is preferably a 220 pF capacitor. Capacitor 
C24 is preferably a 2.2 nF capacitor. Amplifier U4D is pref 
erably an amplifier contained within an LM324 chip. Resistor 
R64 is preferably a 100 k Ohm resistor. Resistor R74 is 
preferably a 270 k Ohm resistor. Capacitor C54 is preferably 
a 1.5 nP capacitor. Capacitor C44 is preferably a 2.2 nF 
capacitor. Amplifier U4C is preferably an amplifier contained 
within an LM324 chip. Capacitor C64 is preferably a 3.3 uF 
electrolytic capacitor. Capacitor C74 is preferably a 3.3 pF 
electrolytic capacitor. Resistor R84 is preferably a 1 k Ohm 
resistor. Resistor R94 is preferably a 560 k Ohm resistor. 
Amplifier U4B is preferably an amplifier contained within an 
LM324 chip. Resistor R4 is preferably a 2.2 k Ohm resistor. 
The output of this circuit is designated as ina4, which is 
preferably delivered to a low-capacity microcontroller such 
as chip P(x) shown in FIG. 25. 
0074 FIG. 23 shows an exemplary amplification and fil 
tering circuit for processing a signal ins from pick-up dedi 
cated to the 'A' String in an exemplary embodiment. Signal 
in5 is preferably provided by the connector shown in FIG. 18. 
Resistor R15 is preferably a 2.2 k Ohm resistor. Capacitor 
C15 is preferably a 0.1 uF capacitor. Resistor R25 is prefer 
ably a 560k Ohm resistor. Resistor R35 is preferably a 560k 
Ohm resistor. Capacitor Cu5 is preferably a 0.1 uF capacitor. 
Amplifier USA is preferably an amplifier contained within an 
LM324 Low Power Quad Operational Amplifiers chip, which 
is available from National Semiconductor as well as a variety 
of other manufacturers. Resistor R45 is preferably a 330k 
Ohm resistor. Resistor R55 is preferably a 1.1MOhm resistor. 
Capacitor C35 is preferably a 220 pF capacitor. Capacitor 
C25 is preferably a 2.2 nF capacitor. Amplifier USD is pref 
erably an amplifier contained within an LM324 chip. Resistor 
R65 is preferably a 130 k Ohm resistor. Resistor R75 is 
preferably a 360k Ohm resistor. Capacitor C55 is preferably 
a 1.5 nP capacitor. Capacitor C45 is preferably a 2.2 nF 
capacitor. Amplifier USC is preferably an amplifier contained 
within an LM324 chip. Capacitor C65 is preferably a 3.3 uF 
electrolytic capacitor. Capacitor C75 is preferably a 3.3 uF 
electrolytic capacitor. Resistor R85 is preferably a 1 k Ohm 
resistor. Resistor R95 is preferably a 560 k Ohm resistor. 
Amplifier USB is preferably an amplifier contained within an 
LM324 chip. Resistor R5 is preferably a 2.2 k Ohm resistor. 
The output of this circuit is designated as ina5, which is 
preferably delivered to a low-capacity microcontroller such 
as chip P(x) shown in FIG. 25. 
0075 FIG. 24 shows an exemplary amplification and fil 
tering circuit for processing a signal in6 from pick-up dedi 
cated to the “Low E string in an exemplary embodiment. 
Signal in6 is preferably provided by the connector shown in 
FIG. 18. Resistor R16 is preferably a 2.2 k Ohm resistor. 
Capacitor C16 is preferably a 0.1 uF. capacitor. Resistor R26 
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is preferably a 560k Ohm resistor. Resistor R36 is preferably 
a 560 k Ohm resistor. Capacitor Cu6 is preferably a 0.1 uF 
capacitor. Amplifier U6A is preferably an amplifier contained 
within an LM324 Low Power Quad Operational Amplifiers 
chip, which is available from National Semiconductor as well 
as a variety of other manufacturers. Resistor R46 is preferably 
a 360k Ohm resistor. Resistor R56 is preferably a 1.2MOhm 
resistor. Capacitor C36 is preferably a 220 pF capacitor. 
Capacitor C26 is preferably a 2.2 nF capacitor. Amplifier 
U6D is preferably an amplifier contained within an LM324 
chip. Resistor R66 is preferably a 16 k Ohm resistor. Resistor 
R76 is preferably a 430 k Ohm resistor. Capacitor C56 is 
preferably a 1.5 nF capacitor. Capacitor C46 is preferably a 
2.2 nF capacitor. Amplifier U6C is preferably an amplifier 
contained within an LM324 chip. Capacitor C66 is preferably 
a 3.3 uF electrolytic capacitor. Capacitor C76 is preferably a 
3.3 uF electrolytic capacitor. Resistor R86 is preferably a 1 k 
Ohm resistor. Resistor R96 is preferably a 560k Ohm resistor. 
Amplifier U6B is preferably an amplifier contained within an 
LM324 chip. Resistor R6 is preferably a 2.2 k Ohm resistor. 
The output of this circuit is designated as inaf, which is 
preferably delivered to a low-capacity microcontroller such 
as chip P(x) shown in FIG. 25. 
0076 FIG. 25 shows an exemplary low capacity micro 
controller dedicated to processing a signal from one of the 
circuits shown in FIGS. 16-21. FIG. 25 is representative of 6 
Such circuits—one associated with each filtering and ampli 
fication circuit for each guitar string input. Low-capacity 
microcontroller P(x) is representative of 6 low-capacity 
microcontrollers where x=1,2,3,4,5, and 6. Preferably, low 
capacity microcontroller P(x) is a PIC12F683. Low-capacity 
microcontroller P(x) is preferably programmed to perform 
the adaptive triggering method disclosed above and as shown 
graphically in FIGS. 1-15. The PIC12F683 is available from 
a variety of manufacturers, including Microchip Technology 
of Chandler, Ariz. As shown in FIG.22, ina(x) is an input into 
the PIC12F683. Input ina(x) is received from one of the 
circuits shown in FIGS. 16-21, where X=1 for the circuit of 
FIG. 19, X=2 for the circuit of FIG. 20, x=3 for the circuit of 
FIG. 21, x=4 for the circuit of FIG. 22, x=5 for the circuit of 
FIG. 23, and x=6 for the circuit of FIG. 24. Microcontroller 
P(x) performs signal analysis on the signal received on line 
ina(X), and generates MIDI commands based on this analysis. 
Input CLK is a clock signal provided by the circuit of FIG. 28. 
Input pitchmode is a binary signal provided by the main 
microcontroller MP as shown in FIG. 27 that changes the 
generated MIDI output messages depending upon its state 
(high or low). Input p(x)ti is a binary signal provided by the 
main microcontroller MP as shown in FIG. 27. As discussed 
above, when p(x)ti is equal to “1” (a “high voltage) it indi 
cates that main microcontroller MP is ready to receive data 
from low capacity microcontroller P(x). Low-capacity micro 
controller P(x) is programmed to output a “high value for 
output p(x)hi when low-capacity microcontroller P(x) has 
data ready to send. Low-capacity microcontroller P(x) is pro 
grammed to output data on line p(x)data. Output p(x)data is 
preferably delivered to the circuit shown in FIG. 26. Capaci 
tor CP1 is preferably a 100 nF capacitor. 
0077 FIG. 26 shows an exemplary embodiment of a digi 

tal circuit for transmitting the data from the 6 low capacity 
microcontrollers p(1)-p(6) (represented by p(x) in FIG.25) to 
the main microcontroller MP. The purpose of this circuit is to 
“collect the signals from the 6 low capacity microcontrollers 
as inputs p(1)data-p(6)data (represented by p(X) data in FIG. 
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25), and output a single data signal MIDIin. Components 
S1A, S1B, and S1C are all preferably AND gates provided on 
chip CD4073B, which is available from Texas Instruments as 
well as a variety of other manufacturers. Capacitor CPAND is 
preferably a 100 nF capacitor. The output of this circuit, 
designated MIDIin, is provided as an input to the main micro 
controller MP as shown in FIG. 27. 

0078 FIG. 27 shows an exemplary main microcontroller 
MP and associated wiring in an exemplary embodiment. 
Main microcontroller MP receives input data signal MIDI in 
from the circuit shown in FIG. 26. Push-buttons SU, SD, SL, 
and SR provide user input to the device, for instance from 
actuator (reference character 24, FIG. 16), and correspond to 
Up, Down, Left, and Right, respectively. Main microcontrol 
ler MP can optionally be programmed to modify the input 
MIDI commands based on received user input. Liquid Crystal 
Display LCD (reference character 22, FIG. 16) provides 
visual information to the user. Main microcontroller collects 
MIDI commands from all six small capacity microcontrollers 
at pin 29 (MIDIin). The main microcontroller coordinates the 
transmission of data from the low-capacity microcontrollers. 
As described above, the low-capacity microcontrollers will 
not transmit data until they receive an allow signal p(x)ti from 
the main microcontroller. In other words, the main microcon 
troller has timing Such that the low capacity microcontrollers 
cannot send MIDI commands to microcontroller simulta 
neously, that is, two microcontrollers cannot concurrently 
send MIDI commands to the main microcontroller. Option 
ally, the main microcontroller periodically polls the p(x)hi 
signal provided by each of the low capacity microcontrollers 
for the presence of a “MIDI ready' signal at pin 5 (referred to 
as p(x)hi where X is 1.2.3.4.5, or 6), and if the p(x)hi signal is 
present, the main microcontroller, when it is ready, can signal 
the low-capacity microcontroller to send data via the “ready 
to transmit signal at pin 4 (referred to as p(x)ti (where X is 
1.2.3.4.5, or 6)). In an alternative embodiment, the main 
microcontroller may support “interrupt based I/O which 
eliminates the need for polling. The low-capacity microcon 
trollers transmit MIDI commands from pin 6 (referred to as 
p(x)data (where x is 1,2,3,4,5, or 6) to the pin 29 (MIDIin) of 
the main microcontroller. As shown in FIG. 26, the pin 29 
(MIDIin) on the main microcontroller is connected to the 
output of an digital logic circuit (as shown in FIG. 26) which 
collects data signals from all low capacity microcontrollerpin 
6 (p(x)data (where x is 1,2,3,4,5, or 6)). The main microcon 
troller selects which low capacity microcontroller will trans 
mit the MIDI command to main microcontroller as described 
above. The main microcontroller can modify the received 
MIDI commands from the low capacity microcontrollers and 
then send the commands to the MIDI interface via pin 27 
(MIDIout). For example, the main microcontroller can send a 
MIDI command from each low-capacity microcontroller on a 
separate MIDI channel or it can send the collected MIDI 
commands on a single MIDI channel. 
007.9 FIG. 28 shows an exemplary circuit for generating a 
clock signal CLK. Clock signal CLK is preferably provided 
to all of the microcontrollers, specifically POX) and MP as 
shown in FIGS. 25 and 27 respectively. Connector JMIDI 
provides an outputjack that carries the generated MIDI com 
mands to an external device. 

0080 FIG. 29 shows an exemplary circuit for providing 
MIDI command output on a USB connector J1 USB in an 
exemplary embodiment. It should be noted that providing a 
USB connector is optional. Chip Us is preferably a CH345T. 
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Signal MIDIOUT is provided by the main microcontroller as 
shown in FIG. 27. Chip Us is used to provide a USB interface 
to the MIDI guitar. Resister Ru1 is preferably a 10 Ohm 
resistor. Resistor Ru2 is preferably a 10 Ohm resistor. Resis 
tor Ru3 is preferably a 2.2 Ohm resistor. Capacitor Col is 
preferably a 22 pF capacitor. Capacitor Co2 is preferably a 22 
pF capacitor. Crystal oscillator X1 is preferably a 12 MHz 
crystal oscillator. Capacitor Co3 is preferably a 10 uF elec 
trolytic capacitor. Capacitor Co4 is preferably a 100 nF 
capacitor. Capacitor Co5 is preferably a 1 nF capacitor. 
0081. As described above, the MIDI command may be 
generated when the microcontroller detects the sound signal, 
or when the input signal is lost during monitoring of the Sound 
signal. Referring to an embodiment shown in the schematic 
drawings of FIGS. 25 and 27, when the low-capacity micro 
controller has generated a MIDI command that is ready to be 
transmitted, the low-capacity microcontroller transmits a 
“MIDI ready' signal from pin 5 (referred to as p(x)hi (where 
X=1 to 6)) to the associated pin of the main microcontroller 
(pins 22, 24, 31, 33,38, 42). The low-capacity microcontrol 
ler does not transmit the MIDI command data until the main 
microcontroller signals that it is ready to receive the data. 
When main microcontroller is ready to receive data from 
low-capacity microcontroller p(X), the main microcontroller 
transmits the “ready to transmit signal from the associated 
pin (pins 21, 23.30, 32, 37, 41) (referred to as p(x)ti (wherex 
is 1, 2,3,4, 5, or 6)) to pin 4 of the Small capacity microcon 
troller. When the small capacity microcontroller receives the 
“ready to transmit” signal at pin 4 (referred to as p(x)ti (where 
X is 1,2,3,4, 5, or 6)), the small microcontroller transmits the 
MIDI command from pin 6 (referred to as p(x)data (where x 
is 1, 2,3,4, 5, or 6)) to the pin 29 (MIDIin) of the main 
microcontroller. 
0082 FIG.30 shows an exemplary power supply circuit in 
an exemplary embodiment powering the circuits of FIGS. 
19-29. 

0083 FIG.31 is a graph illustrating an exemplary embodi 
ment of the method of calculating the number of samples per 
period of a vibrating string. Input signal 3101 is generated by 
a magnetic pick-up associated with the string as described 
above and received by an analog input of a microcontroller, 
e.g. a PIC12F683. Reference numeral 3103 corresponds to 
the second Small square, which represents the second analog 
to-digital sample performed by the microcontroller on input 
signal 3101. Reference numeral 3105 corresponds to the sixth 
Small square, which represents the sixth analog-to-digital 
sample performed by the microcontroller on input signal 
3101. Reference numeral 3107 corresponds to the thirteenth 
Small square, which represents the thirteenth analog-to-digi 
tal sample performed by the microcontroller on input signal 
3101. In the example shown in FIG. 31, the detected number 
of samples per period is 13. The microcontroller may be 
configured to perform period and half-period detection as 
described above and as claimed in U.S. patent application Ser. 
No. 1 1/873,970, filed Oct. 16, 2007. Each analog-to-digital 
sample is compared to stored high trigger and low trigger 
values using the methods described in the parent application. 
I0084 FIGS. 32(a), 32(b), 33, and 34 show methods and 
information used in connection with the exemplary embodi 
ment where the system is configured to collect standard tun 
ing information fortuning a stringed musical instrument (e.g. 
guitar, bass, etc.) and compare the standard tuning informa 
tion to current string conditions to display instructions for 
tuning the instrument. For example, if the system detects that 
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a string is too flat (i.e., loose), it can display instructions that 
the user should tighten the String. In an exemplary embodi 
ment, the system is configured to output the tuning informa 
tion to an external device (e.g. MIDI slave device) in the form 
of a MIDI message that contains the tuning information. The 
external device may then display instructions for the user to 
assist in tuning the strings of the musical instrument. The 
external device may be a personal computer or video game 
console. In an exemplary embodiment, the system calculates 
tuning information as follows. First, the user plucks a string, 
and the system detects the frequency of the string's oscilla 
tion. The system analyzes the detected frequency and deter 
mines the closest MIDI note. Next, the system compares the 
detected frequency to a stored calibrated value for that note to 
determine the difference between the detected value and the 
calibrated value. The calculated difference is used to generate 
pitch data indicative of how out-of-tune the string is. In an 
exemplary embodiment, the tuning information may com 
prise a closest musical note to the detected frequency, which 
may be in the form of a MIDI note number. The tuning 
information may further comprise pitch data indicative of a 
difference between the detected frequency and the stored 
frequency for the closest MIDI note. The pitch data may be in 
the form of a MIDI message that conforms to the “Pitch 
Wheel Change' format described in the “MIDI 1.0 specifica 
tion” which is well-known in the industry and is publicly 
available from http://www.midi.org. 
I0085 Calibration data may comprise “book values” or 
theoretical values for the string frequency. Calibration data 
may also comprise data acquired empirically and stored as 
described below and in FIG. 32(a), which depicts a flow 
diagram for one method of generating calibration data and 
calibrating the system for tuning a stringed musical instru 
ment and generating standard tuning information. It should be 
understood that FIG. 32(a) depicts the process for calibrating 
one string, and this process would typically be repeated for 
each string of a musical instrument. It should also be under 
stood that the calibration process may only need to be per 
formed initially by the manufacturer and the data then copied 
to memory in a plurality of units. The calibration process may 
also be performed by an end-user, as necessary, for example, 
to account for variations in String gauge, guitar fret board 
configurations, bridge styles. At step 3201, a first string of a 
musical instrument is tuned according to traditional methods. 
For example, a guitar String could be tuned using a traditional 
guitar tuner as is well known in the art. Traditional guitar 
tuners are easily available from various sources including 
D'Addario. The guitar may be tuned to standard tuning, but 
various alternative tunings are also possible (e.g. 'drop-tun 
ing'). It may also be desirable to tune the guitar to non 
standard tuning to obtain good data conversion results. For 
example, tuning the string to 445 Hz for note A4 instead of the 
standard 440 Hz. At step 3203 a string is plucked and the 
system detects the frequency of the string's vibration. For 
example, the user may strum the “open’ (unfretted) sixth 
string of a guitar. The frequency information may be number 
of samples per period, which may be generated according to 
the techniques described in U.S. patent application Ser. No. 
1 1/873,970, filed Oct. 16, 2007. The detected number of 
samples per period may correspond to the first detected 
period. Step 3203 is repeated several times for each string, 
and the system may be configured to average multiple 
detected frequencies. The system may further be configured 
to modify the detected frequency data to account for the fact 
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that immediately after a string is plucked it will often vibrate 
with a high frequency and then quickly settle into a lower 
frequency. Sometimes this lower “settled' frequency is the 
most desirable. Frequency information may be stored in num 
ber of samples per period (sample values) as described above. 
For each unmodified stored sample value, a new adjusted 
value is stored. The adjusted value is equal to the unmodified 
value plus an adjustment factor equal to the sum of the 
unmodified value plus the unmodified value divided by an 
adjustment factor. The calibrated frequency data may be 
stored in the appropriate low-capacity microcontroller corre 
sponding to the string in question. 
I0086 For example, incomputing the adjusted value for the 
5" string of a guitar that is tuned to 110 Hz (note A2), the 
system records the first detected number of samples per 
period and stores this as variable named “sa2. Next, the 
system computes adjusted variable: pa2-Sa2+sa2/tdiv. An 
exemplary table of adjustment factors for the six strings of a 
guitar that have been experimentally determined by the inven 
tor herein is shown in FIG. 32(b). As can be seen from the 
table of FIG. 32(b) the adjustment factor “tdiv for the 5" 
string of a guitar is 0x50. So, for example, if the detected 
number of samples per period for the 5" string of a guitar 
when properly tuned to 110 Hz is 0x1OF then the unmodified 
value sa2 equals OX10F and the adjusted value “pa2 equals: 
pa2=0x10F+0x10F/50=112. At step 3205, the system selects 
a frequency to store in memory as the calibrated frequency. 
For example, the system may store the largest number of 
samples per period in memory as the calibrated frequency. 
The system may calculate an average frequency value and 
store the average frequency value as the calibrated frequency 
value. 

0087 FIG. 33 depicts a flow diagram for an exemplary 
method for tuning a musical instrument in an exemplary 
embodiment. At step 3301 the user plucks an open string. The 
system detects the vibrating string, and detects the frequency 
of vibration. For example, the system may detect the number 
of samples per period of the string. At step 3303 the system 
calculates the difference between the detected frequency and 
the stored calibrated frequency for that string. For example, 
the system may calculate the difference between the detected 
number of samples per period and the stored calibrated num 
ber of samples per period. The stored calibrated frequency 
data may be data that was acquired empirically and stored as 
described above. However, it will be apparent that the stored 
calibrated frequency data may also be “book values' or theo 
retical values for the string. These theoretical values may 
correspond to standard tuning or various alternative tunings 
(e.g. “drop-tuning”). At step 3305 the system generates a 
MIDI pitch message indicative of the difference between the 
detected frequency and the stored calibrated frequency. For 
example, the difference in the number of samples per period 
between the detected frequency and the stored calibrated 
frequency may be converted to a number between 1 and 342 
(decimal). This number may then be encoded in a MIDI 
message, for example the Pitch Wheel Change message for 
mat described in the MIDI 1.0 specification. Also, at step 
3305, the system sends the generated MIDI pitch message to 
a processor that is configured to decode the message. The 
processor may be any processor capable of receiving and 
decoding MIDI messages, including an external component 
Such as a console video game system, or personal computer. 
The processor is configured to receive and decode the MIDI 
message. The processor is in communication with a display, 
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such as a LCD video monitor, for example. The processor 
may be configured to execute a video game. The processor 
may be configured, as part of the video game, to enteratuning 
mode that allows the user to tune a musical instrument via 
received MIDI messages. At step 3307 the processor receives 
and decodes the MIDI message. At step 3309 the processor 
determines whether the string is in tune, based on the received 
pitch data, and the next step depends on that determination. 
The processor controls program flow based on whether the 
string is in tune or not. If the string is in tune (within a pre-set 
range) then flow proceeds to step 3311. If the string is out 
of-tune, then flow proceeds to step 3213. At step 3311 the 
processor notifies the user that the string is in tune. This may 
be the end of the tuning process, or the user may elect to tune 
another string. At step 3313 the processor instructs the user 
for tuning the string based on the pitch data in the MIDI 
message. For example, if the detected frequency is above the 
calibrated value, the processor may instruct the user to 
unwind (loosen) the string. If the detected frequency is below 
the calibrated value, the processor may instruct the user to 
wind (tighten) the string. After adjusting the string, the user 
plucks the string again and flow proceeds to step 3301. 
I0088 FIG. 34 depicts a flow diagram for generating MIDI 
messages comprising tuning information in an exemplary 
embodiment. In the embodiment of FIG. 34, frequency infor 
mation is represented by the number of samples per period of 
the input signal as described above. In the embodiment of 
FIG. 34, tuning information is contained in a MIDI pitch 
wheel change message. Continuing with the previous 
example of tuning the 5" string of a guitar, also known as the 
“A” string, it is known that when properly tuned, the 5" string 
has a frequency of 110.0 Hz, which corresponds to the musi 
cal note A2, which corresponds to MIDI note number 45 or 
0x2D. However, for purposes of illustrating the method of 
tuning, the 5" string in this example currently has a frequency 
of 120 Hz, which is 10 Hz too high. At step 3401 the user 
plucks an “open’ String. The system detects the frequency of 
the string as described above, in number of samples per 
period. Based on the detected number of samples per period, 
the system determines a closest MIDI note. In the ongoing 
example, the 5" string of a guitar is plucked and the detected 
number of samples per period is 0xF7. The stored calibrated 
value for the musical note B2 is 0xEF and for musical note 
Ai2 it is 0xF7. Since 0xF7 is greater than 0xEF but less than 
0xFF, the system will recognize the note as Ai2. At step 3403 
the system generates the “Note On' MIDI message and sends 
the recognized MIDI note as data, according to the MIDI 1.0 
specification. In the ongoing example using the 5" string of a 
guitar, the system will send MIDI note number 46 (0x2E) as 
the recognized note data. At step 3405 the system generates 
and sends a MIDI Pitch Wheel Change message with the 
tuning information as data. Continuing with the prior 
example the number of samples per period in this example is 
0xF7 and this value is stored in exemplary variables tsh:tsl. As 
further noted above, AH2 and B2 are the two notes surround 
ing the detected note because the calibrated value for Ai2 is 
0xFF and the calibrated value for B2 is 0xEF. So the value 
0xFF is stored in a variable named “tonep' for the next 
highest (next highest in period, next lowest in frequency) 
note, and the value 0xEF is stored in a variable named “tone' 
for the next lowest (in period) note. The center (no change) for 
the Pitch Wheel Change message in the MIDI 1.0 specifica 
tion is defined as 0x2000. The pitch data will then be calcu 
lated according to the follow exemplary equation: 
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Pitch data=0x2000+(tonep-tshitsl)*(342 (tonep 
tone)) 

For this example, the pitch data=0x2000+(0xFF-0xF7)* 
(342/(0xFF-0xEF))=0x20A8 Thus, in this example, the sys 
tem will send a MIDI Pitch Wheel Change message with data 
equal to 0x20A8. At step 3407 the system determines whether 
any change infrequency for the String has occurred. It is often 
the case that immediately after a string is plucked it will 
vibrate with a high frequency and then quickly settle into a 
lower frequency. If there has been a change since the last 
recorded number of samples per period, then flow proceeds to 
step 3405 where the system will send a new Pitch Wheel 
Change MIDI message. Otherwise, flow proceeds to step 
3409. At step 3409, the system determines whether the signal 
has been lost or not. This determination can be made accord 
ing to the signal loss detection techniques described in U.S. 
patent application Ser. No. 1 1/873,970, filed Oct. 16, 2007. If 
the signal is lost then the system sends a “Note Off MIDI 
message. The Pitch Wheel Change messages generated by the 
system (e.g. at step 3405) may be output to an external device 
(e.g. MIDI slave) as discussed above. The external device 
may be configured to average the received Pitch Wheel 
Change data and the tuning may be based on the averaged 
values. 

0089 FIG. 35 depicts an exemplary display for tuning a 
guitar according to an exemplary embodiment. The display 
comprises a visual depiction of the six strings of a guitar, 
including a first string (“high e”) 3501, second string (“B”) 
3503, third string (“G”) 3505, fourth string (“D) 3507, fifth 
string (A') 3509, and sixth string (“E”) 3511. The display 
further comprises indicia for indicating that a string should be 
tightened or loosened, and the degree to which the String is 
out-of-tune. In the example of FIG. 35, indicia 3513 is dis 
played over first string 3501. Indicia 3513 includes 4 arrows 
pointing to the left, which indicates that string 3501 is out of 
tune by more than a full musical note and should be tightened. 
Indicia 3515 is displayed over second string 3503 and indi 
cates that the second string is out of tune by more than a half 
note and should be loosened. Indicia 3517 indicates that the 
third string 3505 is out of tune by more than 3/4 of a note and 
should be tightened. Indicia 3519 indicates that the fourth 
string 3507 is in tune. Indicia 3521 indicates that the fifth 
string 3509 is out of tune by less than a 4 note and should be 
tightened. Indicia 3523 indicates that the sixth string 3511 is 
out of tune by more than a full note and should be loosened. 
The indicia may also be color-coded, e.g. red for flat yellow 
for sharp, and green for in-tune. 
0090. In view of the foregoing, it will be seen that the 
several advantages of the invention are achieved and attained. 
The embodiments were chosen and described in order to best 
explain the principles of the invention and its practical appli 
cation to thereby enable others skilled in the art to best utilize 
the invention in various embodiments and with various modi 
fications as are Suited to the particular use contemplated. As 
various modifications could be made in the constructions and 
methods herein described and illustrated without departing 
from the scope of the invention, it is intended that all matter 
contained in the foregoing description or shown in the accom 
panying drawings shall be interpreted as illustrative rather 
than limiting. Thus, the breadth and scope of the present 
invention should not be limited by any of the above-described 
exemplary embodiments. 
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What is claimed is: 
1. A method for tuning a string of a musical instrument 

comprising: 
storing, in a computer-readable memory, calibration data 

associated with a properly-tuned string; 
detecting a frequency signal associated with a vibrating 

string desired to be tuned; 
generating frequency data based upon the detected fre 

quency signal; 
computing the difference between the frequency data and 

the stored calibration data; 
generating pitch data indicative of the computed difference 

between the frequency data and the stored calibration 
data; 

generating a MIDI message comprising the pitch data; and 
sending the generated MIDI message to a processor. 
2. The method of claim 1 wherein the detected frequency is 

based upon a number of samples detected via a microcontrol 
ler in a standard period associated with the microcontroller. 

3. The method of claim 1 wherein the MIDI message com 
prises a Pitch Wheel Change message associated with a stan 
dard MIDI protocol. 

4. The method of claim 1 wherein the processor is config 
ured to receive the MIDI messages, decode the pitch data, and 
generate instructions for tuning a guitar based on the pitch 
data. 

5. The method of claim 1 wherein the detecting, determin 
ing, and generating steps are performed in a low-capacity 
microcontroller, and wherein the processor is a central micro 
controller that receives MIDI messages from a plurality of 
low-capacity microcontrollers. 

6. The method of claim 6 further comprising: 
in the main microcontroller, sending the MIDI message to 

an external MIDI slave device. 
7. The method of claim 1 wherein the frequency data is 

generated by: 
(a) initializing a positive trigger value to an initial positive 

trigger value that is greater than a DC component of an 
input signal and initializing a negative trigger value to an 
initial negative trigger value that is less than the DC 
component of the input signal, 

(b) measuring signal period by changing values of the 
positive and negative trigger values according to calcu 
lations based upon maximum and minimum values of 
the input signal; and 

(c) calculating signal period duration based upon the nega 
tive and positive half period duration measurements of 
the input signal. 

(d) concurrently while measuring an input signal's positive 
halfperiod duration, calculating a maximum value of the 
input signal and a next positive trigger value, and then 
storing the measured positive halfperiod duration value 
to a next free memory location, 

(e) concurrently while measuring an input signal's negative 
half period duration, calculating a minimum value the 
input signal and a next negative trigger value, and then 
storing the measured negative halfperiod duration value 
to a next free memory location, and 

(f) performing steps (a) and (b) N times where N is an 
integer, 

(g) generating Sum S1 by adding 2N in time consecutive 
measured positive and negative half period durations 
starting from a measured halfperiod duration stored in a 
memory location i where N is an integer, 
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(h) generating Sum S2 by adding 2N in time consecutive 
measured positive and negative half period durations 
starting from a measured positive or negative halfperiod 
duration stored in a memory location where jai, and 

(i) comparing a calculated sum difference (S1-S2) with a 
given small value, and if the sum difference (S1-S2) is 
less than the given Small value, then one of the two sums 
are N signal periods and input signal presence is 
detected; 

wherein the calculated next positive trigger value is 
between the maximum value of the input signal and the 
minimum positive trigger value wherein the minimum 
positive trigger value is less than or equal to an initial 
positive trigger value and greater than the DC compo 
nent of the input signal; 

wherein the positive half period duration measurement 
starts from a time point when the input signal becomes 
greater than or equal to the positive trigger value and 
ends when the input signal becomes less than or equal to 
the negative trigger value, and measuring stops and input 
signal loss is detected if at least one of the following two 
conditions occur: (a) the measured positive half period 
duration is greater than a given maximum positive half 
period duration, and (b) the maximum input signal value 
is less than the minimum positive trigger value. 

wherein the calculated next negative trigger value is 
between the measured minimum signal value and a 
maximum negative trigger value where the maximum 
negative trigger value is greater than or equal to the 
initial negative trigger value and less than the DC com 
ponent of the input signal; 

wherein the negative half period duration measurement 
starts at a time point when the input signal becomes less 
than or equal to the negative trigger value, and ends 
when the input signal becomes greater than or equal to 
the positive trigger value, and measuring stops and input 
signal loss is detected when at least one of the following 
conditions occur: (a) the measured negative half period 
duration is greater than a given maximum negative half 
period duration value, and (b) the minimum input signal 
value is greater than the maximum negative trigger 
value. 

8. A system for tuning a string of a musical instrument 
comprising: 

a computer-readable memory for storing calibration data 
associated with a properly-tuned string; 

a pick-up for detecting a frequency of a vibrating string 
desired to be tuned; 

a microcontroller configured to (1) receive a signal indica 
tive of a frequency sensed by the pick-up, (2) generate 
frequency databased upon the detected frequency sig 
nal, (3) compute the difference between the frequency 
data and the stored calibration data; (4) determine pitch 
data based upon the computed difference between the 
frequency data and the stored calibration data, (5) gen 
erate a MIDI message comprising the pitch data, and (6) 
send the generated MIDI message to a processor. 

9. The system of claim 8 wherein the processor comprises 
a central microcontroller configured to receive MIDI mes 
sages from a plurality of low-scale microcontrollers, each of 
the low scale microcontrollers associated with a string of the 
musical instrument. 

10. The system of claim 8 wherein the processor comprises 
a MIDI slave device. 

14 
Nov. 26, 2009 

11. The system of claim 10 wherein the MIDIslave device 
is one of a personal computer and a game console. 

12. The system of claim 10 wherein the MIDIslave device 
comprises a display device, and wherein the MIDI slave 
device is configured to (1) receive the generated MIDI mes 
sage from the microcontroller, (2) determine whether tension 
of a string should be adjusted based on the pitch data in the 
received MIDI message, and (3) cause the display device to 
display instructions fortuning the string. 

13. The system of claim 8 wherein the system comprises: 
a first module adapted to initialize a positive trigger value 

to an initial positive trigger value that is greater than a 
DC component of an input signal, the module being 
adapted to initialize a negative trigger value with an 
initial negative trigger value that is less than the DC 
component of the input signal; 

a second module adapted to measure signal period based 
upon changing positive and negative trigger values 
according to calculated maximum and minimum values 
of the input signal; 

a third module adapted to calculate signal period duration 
based upon the negative and positive signal half period 
duration measurements; 

wherein the second module is adapted for: (1) concurrently 
while measuring an input signal's positive half period 
duration, calculating a maximum signal value and a next 
positive trigger value, and then storing the measured 
positive halfperiod duration value to a next free memory 
location, (2) concurrently while measuring an input sig 
nal's negative half period duration, calculating a mini 
mum signal value and a next negative trigger value, and 
then storing the measured negative half period duration 
value to a next free memory location, (3) performing 
steps (1) and (2) repeatedly N times where N is an 
integer, 

wherein the calculated next positive trigger value is 
between the input signal maximum value and a mini 
mum positive trigger value wherein the minimum posi 
tive trigger value is less than or equal to an initial positive 
trigger value and greater than the DC component of the 
input signal; 

wherein the positive half period duration measurement 
starts from a time point when the input signal becomes 
greater than or equal to the positive trigger value and 
ends when the input signal becomes less than or equal to 
the negative trigger value, and measuring stops and input 
signal loss is detected if at least one of the following two 
conditions occurs: (i) the measured positive half period 
duration is greater than a given maximum positive half 
period duration value, and (ii) the maximum input signal 
value is less than the minimum positive trigger value; 

wherein the calculated negative trigger value is between a 
measured minimum input signal value and a maximum 
negative trigger value where the maximum negative trig 
ger value is greater than or equal to an initial negative 
trigger value and less than the DC component of the 
input signal; 

wherein the negative half period duration measurement 
starts at a time point when the input signal becomes less 
than or equal to the negative trigger value, and ends 
when the input signal becomes greater than or equal to 
the positive trigger value, and measuring stops and input 
signal loss is detected when at least one of the following 
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conditions occurs: (iii) the measured negative half 
period duration is greater than a given maximum nega 
tive halfperiod value, and (iv) the minimum input signal 
value is greater than the maximum negative trigger 
value; and 

wherein the third module is adapted to: (a) generate Sum 
S1 by adding 2N in time consecutive measured positive 
and negative half period durations starting from mea 
sured halfperiod duration (positive or negative) stored in 
memory location i where N is an integer, (b) generate 
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Sum S2 by adding 2N in time consecutive measured 
positive and negative halfperiod durations starting from 
measured positive or negative half period duration 
stored in memory locationi where j>i, and (c) compare 
the calculated sum difference (S1-S2) with a given 
small value and if the sum difference is less than the 
given small value then one of two sums are N signal 
periods and input signal presence is detected. 
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